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SYSTEM AND METHOD FOR AUDIO
CODING AND DECODING

This application 1s a divisional application of U.S. Pat.
No. 8,886,523 1ssued on Nov. 11, 2014, filed on Sep. 29,
2010, which claims priority to U.S. Patent Provisional
Application No. 61/323,878, filed on Apr. 14, 2010. The
afore-mentioned patent applications are hereby incorporated
by reference 1n their entireties.

TECHNICAL FIELD

The present mvention relates generally to audio and
image processing, and more particularly to a system and
method for audio coding and decoding.

BACKGROUND

In modern audio/speech digital signal commumnication
systems, a digital signal 1s compressed at an encoder, and the
compressed imnformation (bitstream) 1s then packetized and
sent to a decoder through a communication channel frame
by frame. The system of encoder and decoder together 1s
called CODEC. Speech and audio compression may be used
to reduce the number of bits that represent the speech and
audio signal, thereby reducing the bandwidth and/or bit rate
needed for transmission. However, speech and audio com-
pression may result in quality degradation of the decom-
pressed signal. In general, a higher bit rate results 1n a higher
quality decoded signal, while a lower bit rate results 1n lower
quality decoded signal.

Audio coding based on filter bank technology 1s widely
used. In this type of signal processing, the filter bank 1s an
array ol band-pass filters that separates the input signal into
multiple components, where each band-pass filter carries a
single frequency subband of the original signal. The process
of decomposition performed by the filter bank 1s called
analysis, and the output of filter bank analysis 1s referred to
as a subband signal with as many subbands as there are
filters 1n the filter bank. The reconstruction process 1s called
filter bank synthesis. In digital signal processing, the term
filter bank 1s also commonly applied to a bank of receivers.
In some systems, receivers also down-convert the subbands
to a low center frequency that can be re-sampled at a reduced
rate. The same result can sometimes be achieved by under-
sampling the bandpass subbands. The output of filter bank
analysis could be 1n a form of complex coellicients, where
cach complex coeflicient contains a real element and an
imaginary e¢lement respectively representing cosine term
and sine term for each subband of filter bank.

In the application of filter banks for signal compression,
some Irequencies are perceptually more important than
others from a psychoacoustic perspective. After decompo-
sition, the important frequencies can be coded with a fine
resolution. In some cases, coding schemes that preserve this
fine resolution are used to maintain signal quality. On the
other hand, less important frequencies can be coded with a
coarser coding scheme, even though some of the finer details
will be lost 1n the coding. A typical coarser coding scheme
1s based on a concept of BandWidth Extension (BWE). This
technology 1s also referred to as High Band Extension
(HBE), SubBand Replica (SBR) or Spectral Band Replica-
tion (SBR). These coding schemes encode and decode some
frequency sub-bands (usually high bands) with a small bat
rate budget (even a zero bit rate budget) or significantly
lower bit rate than a normal encoding/decoding approach.
With SBR technology, the spectral fine structure 1n the high
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frequency band 1s copied from low frequency band and
some random noise 1s added. The spectral envelope 1n high
frequency band 1s then shaped by using side information
transmitted from encoder to decoder.

In some applications, post-processing at the decoder side

1s used to improve the perceptual quality of signals coded by
low bit rate and SBR coding.

SUMMARY OF THE INVENTION

In accordance with an embodiment, a method of gener-
ating an encoded audio signal, the method includes estimat-
ing a time-irequency energy of an input audio signal from a
time-frequency filter bank, computing a global variance of
the time-frequency energy, determining a post-processing
method according to the global variance, and transmitting an
encoded representation of the input audio signal along with
an indication of the determined post-processing method.

In accordance with a further embodiment, a method for
generating an encoded audio signal includes receiving a
frame comprising a time-irequency (1/F) representation of
an input audio signal, the T/F representation having time
slots, where each time slot has subbands. The method also
includes estimating energy in subbands of the time slots,
estimating a time variance across a first plurality of time
slots for each of a second plurality of subbands, estimating,
a frequency variance of the time variance across the second
plurality of subbands, determining a class of audio signal by
comparing the frequency variance with a threshold, and
transmitting the encoded audio signal, where the encoded
audio signal comprises a coded representation of the mput
audio signal and a control code based on the class of audio
signal.

In accordance with a further embodiment, a method of
receiving an encoded audio signal, the method includes
receiving an encoded audio signal comprising a coded
representation of an mput audio signal and a control code
based on an audio signal class. The method further includes
decoding the audio signal, post-processing the decoded
audio signal 1n a first mode 11 the control code indicates that
the audio signal class 1s not of a first audio class, and
post-processing the decoded audio signal 1n a second mode
if the control code indicates that the audio signal class 1s of
the first audio class. The method further includes producing
an output audio signal based on the post-processed decoded
audio signal.

In accordance with a further embodiment, a system for
generating an encoded audio signal, the system includes a
low-band signal parameter encoder for encoding a low-band
portion of an mput audio signal and a high-band time-
frequency analysis filter bank producing high-band side
parameters from the input audio signal. The system also
includes a noise-like signal detector coupled to an output of
the high-band time-frequency analysis filter bank, where the
noise-like signal detector configured to estimate time-ire-
quency energy ol the high-band side parameters, compute a
global variance of the time-frequency energy, and determine
a post-processing method according to the global variance.

In accordance with a further embodiment, a device for
receiving an encoded audio signal includes a receiver for
receiving the encoded audio signal and for receiving control
information, where the control information indicates
whether the encoded audio signal has noise-like properties.
The device further includes an audio decoder for producing
coellicients from the encoded audio signal, a post-processor
for post-processing the coellicients 1n a filter bank domain
according to the control information to produce a post-
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processed signal, and a synthesis filter bank for producing an
output audio signal from the post-processed signal.

In accordance with a further embodiment, a non-transi-
tory computer readable medium has an executable program
stored thereon, where the program instructs a microproces-
sor to decode an encoded audio signal to produce a decoded
audio signal, where the encoded audio signal includes a
coded representation of an input audio signal and a control
code based on an audio signal class. The program also
istructs the microprocessor to post-process the decoded
audio signal 1n a first mode if the control code indicates that
the audio signal class 1s not noise-like, and post-process the
decoded audio signal 1n a second mode 11 the control code
indicates that the audio signal class 1s noise-like.

The foregoing has outlined rather broadly the features of
an embodiment of the present invention in order that the
detailed description of the invention that follows may be
better understood. Additional features and advantages of
embodiments of the invention will be described hereinafter,
which form the subject of the claims of the mvention. It
should be appreciated by those skilled 1n the art that the
conception and specific embodiments disclosed may be
readily utilized as a basis for moditying or designing other
structures or processes for carrying out the same purposes of
the present invention. It should also be realized by those
skilled 1n the art that such equivalent constructions do not
depart from the spirit and scope of the mnvention as set forth
in the appended claims.

BRIEF DESCRIPTION OF THE DRAWINGS

For a more complete understanding of the embodiments,
and the advantages thereol, reference 1s now made to the
tollowing descriptions taken 1n conjunction with the accom-
panying drawings, in which:

FIG. 1 illustrates an embodiment audio transmission
system:

FIGS. 2a-2¢ illustrate an embodiment encoder and two
embodiment decoders;

FIGS. 3a-35 illustrate another embodiment encoder and
decoder;

FIGS. 4a-4e illustrate a Turther embodiment encoder and
decoder;

FIG. 5 illustrates an embodiment computer system for
implementing embodiment algorithms; and

FI1G. 6 1llustrates a communication system according to an
embodiment of the present invention.

DETAILED DESCRIPTION OF ILLUSTRATIVE
EMBODIMENTS

The making and using of the embodiments are discussed
in detail below. It should be appreciated, however, that the
present mvention provides many applicable inventive con-
cepts that can be embodied 1n a wide vanety of specific
contexts. The specific embodiments discussed are merely
illustrative of specific ways to make and use the invention,
and do not limit the scope of the 1nvention.

The present invention will be described with respect to
vartous embodiments 1n a specific context, a system and
method for audio coding and decoding. Embodiments of the
invention may also be applied to other types of signal
processing such as those used i medical devices, for
example, 1n the transmission of electrocardiograms or other
type of medical signals.

FIG. 1 illustrates an example system 100 according to an
embodiment of the present invention. Encoder 104, which
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4

operates according to embodiments of the present invention,
encodes audio signal 103 from the output of audio source
102 and transmits encoded audio signal 105 to network
interface 106. Audio source 102 can be an analog audio
source such as a microphone or audio transducer, or a digital
audio source such as a digital audio file stored 1n memory or
on a digital audio media such as a compact disk or flash
drive. Network interface 106 converts encoded audio signal
105 to a format such as an internet protocol (IP) packet or
other network addressable format, and transmits the audio
signal to network 120, which can be a local area network
(LAN), a wide area network (WAN), the Internet, or a
combination thereof.

The audio signal can be received by one or more network
interface devices 108 connected to network 120. Network
interface 108 receives the transmitted audio data from
network 120 and provides the audio data 109 to decoder 110,
which decodes the audio data 109 according to embodiments
of the present invention, and provides output audio signal
111 to output audio device 112. Audio device 112 could be
an audio sound system having a loudspeaker or other
transducer, or audio device could be a digital file that stores
a digitized version of output audio signal 111.

In some embodiments, encoder 104, network interfaces
106 and 108 and decoder 110 can be implemented, for
example, by a computer such as a personal computer with a
wireline and/or wireless network connection. In other
embodiments, for example, 1n broadcast audio situations,
encoder 104 and network interface 106 are implemented by
a computer coupled to network 120, and network interface
108 and decoder 110 are implemented by portable device
such as a cellular phone, a smartphone, a portable network
enabled audio device, or a computer. In some embodiments,
encoder 104 and/or decoder 110 are included 1n a CODEC.

In some embodiments, for example, in broadcast audio
applications, the encoding algorithms implemented by
encoder 104 are more complex than the decoding algorithms
implemented by decoder 110. In some applications, encoder
104 encoding audio signal 103 can use non-real time pro-
cessing techniques and/or post-processing. In such broadcast
applications, especially where decoder 110 1s implemented
on a low-power device, such as a network enabled audio
device, embodiment low complexity decoding algorithms
allow for real-time decoding using a small amount of
processing resources.

FIG. 2a illustrates audio encoder 200 according to an
embodiment of the present invention. Encoder 200 has audio
coder 202 that produces encoded audio signal 203 based on
input audio signal 201. Audio coder 202 can operate accord-
ing to algorithms such as algebraic code excited linear
prediction (ACELP), Transform Coding, transform coded
excitation (TCX), and other audio coding schemes. Noise-
like detector 204 1s coupled to audio coder 202 and deter-
mines whether mput audio signal 201, or portions of input
audio signal 201 are noise-like. In an embodiment, a noise-
like signal could include white noise, colored noise, or other
stationary signals such as background noise, or sustained
tones, such as those heard i1n orchestral performances.
Noise-like detector 204 outputs control bits 205 based on its
determination. In some embodiment, this determination 1s a
binary, two-state determination, meaning that either the
signal 1s determined to be noise-like or not noise-like. In
other embodiments, noise-like detector 204 determines a
degree to which the signal i1s noise-like. Encoded audio
signal 203 and control bits 205 are multiplexed by Mux 206
to produce coded audio stream 207. In embodiments, coded
audio stream 207 1s transmitted to a receiver.
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FIG. 26 1llustrates audio decoder 210 according to an
embodiment of the present invention. Coded audio stream
207 1s demultiplexed by Demux 212 to produce encoded
audio signal 213 and control bits 205. Audio decoder 214
produces decoded audio signal 215, which 1s then processed
by post-processor 218 to compensate for artifacts from the
coding/decoding process. Control bits 205 based on the
encoder’s determination of whether the source audio signal
1s a noise-like signal 1s used to adjust the post-processing
strength. For example, in an embodiment, the more noise-
like the audio signal is, the weaker post-processing strength
used. In some embodiment, the output of post-processor 218
1s filtered by filter 220 to form output audio signal 221.

Embodiment decoder 230 1llustrated in FIG. 2c¢ 1s similar
to FIG. 2b, except that post-processor 218 1s bypassed
and/or disabled when control bits 203 indicate that the signal
1s noise-like. Switch 222 1s illustrated to represent a bypass
mechanism, however, 1n embodiments, post-processor can
be bypassed using any technique, such as refraining from
executing a software routine, disabling a circuit, multiplying
signal 215 by one, and other techniques.

FIGS. 3a-b6 illustrate an embodiment encoder and an
embodiment decoder according to another embodiment of
the present invention. Encoder 300 in FIG. 3a has low-band
signal generator 302 that produces low-band parameters 303
from 1nput audio signal 301. In an embodiment, low-band
signal generator 302 low-pass filters and decimates input
audio signal 301 by a factor of two. For example, for
embodiments with a full mnput audio bandwidth of 16 KHz,
the output of the low-band signal generator 302 has a
bandwidth of 8 KHz. In alternative embodiments, other
bandwidths and/or decimation factors can be used. In further
embodiments, decimation can be omitted. Low-band param-
eter encoder 304 produces low-band parameters 305 from
low-band signal 303. In an embodiment, low-band param-
cter encoder 304 1s implemented by a coder such as an
ACELP coder, transform coder, or a TCX coder. Alterna-
tively, other structures such as a sinusoidal audio coder or a
relaxed code excited linear prediction (RCELP) can be used.
In some embodiments, for instance, for a transform coder,
low band parameters 305, which correspond to spectral
coellicients, are quantized by quantizer 306 to produce
quantization index to bitstream channel 314.

High-band time-frequency filter bank 308 produces high-
band side parameters 309 and 313 from mput audio signal
301. In an embodiment, high-band time-frequency ({ilter
bank 308 1s implemented as a quadrature modulated filter

bank (QMF), however, other structures such as fast Fourier
transform (FFT), modified discrete cosine transiorm
(MDCT) or modified complex lapped transtorm (MCLT)
can be used. In some embodiments, high-band side param-
cters 309 are quantized by quantizer 310 to produce side
information index to bitstream channel 316. Noise-like
signal detector 312 produces post_flag and control param-
cters 318 from high-band side parameters 313.

In a first embodiment option, a one-bit post_flag 1s
transmitted to the decoder at each frame. Here, post_flag can
assume one ol two states. A first state represents a normal
signal and indicates to the decoder that normal post-pro-
cessing 1s used. A second state represents a noise-like signal,
and 1ndicates to the decoder that the post-processing 1is
deactivated. Alternatively, weaker post-processing can be
used 1n the second state.

In a second embodiment option, one-bit post_tlag 1s used
to signal a change in the signal characteristic. When a
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change of characteristic 1s detected and post-flag 1s set to a
first state, otherwise for a normal case, post_ftlag 1s set to a
second state. When post_tlag 1s in the {first state, the post
processing control parameters are transmitted to the decoder
to adapt the post-processing behavior. Additional parameters
control the strength of the post-processing along the time
and/or frequency direction. In that case, different control
parameters can be transmitted for the lower and higher
frequency bands.

In an embodiment noise-like signal detector 312 deter-
mines whether the high-band parameters 313 indicate a
noise-like signal by first estimating the time-frequency (1/F)
energy for each T/F tile. In an embodiment that have a long
frame of 2048 output samples, T/F energy array 1s estimated
from the Analysis Filter Bank Coetlicients according to:

TF_energy[i] (KI=(Sr{i] [K]Y*+(Sifi] [K])?.i=
0,1.2,...31:k=01, ... K-1,

where K 1s the maximum sub-band index that can depend on
the mput sampling rate and bit rate; 1 1s the time 1index that
represents a 2.5 ms step for a 12 kbps CODEC with a 25,600
Hz sampling frequency and a 3.333 ms step for a 8 Kbps
CODEC with a 19,200 Hz sampling frequency; k 1s a
frequency index indicating a 200 Hz step for a 12 kbps
CODEC with a 25,600 Hz sampling frequency and a 150 Hz
step for a 8 kbps CODEC with a 19,200 Hz sampling
frequency; Sr[ ][ ] and Si[ ][ ] are the analysis Filter Bank
complex coeflicients that are available at encoder, and
TF_energy[1] [k] represents energy distribution for low band
in both time and frequency dimensions. In alternative
embodiments, other sampling rates and frame sizes can be
used.

In a second step, a time direction variance of the energy
in each frequency subband 1s estimated:

Var_band_energy[k]=Variance{TF_energy[i]/k], for
all i of specific range}.

The previous time direction variance can be computed based
on the following equation:

1
N-1

i

N
VﬂrBaHdEﬂfrgy [k] — (Tanfrgy [I] [k] — meanTFmErg}, [k])z
=0

with N being the number of time slots and

] & |
meanrr, .o, k1 = — > TFonergy [11IK]
1=0

In an embodiment, Var_band_energy[k] 1s optionally
smoothed from previous time mdex to current time index by
excluding energy dramatic change (not smoothed at dra-
matic energy change point). In a third step, a frequency
direction variance of the time direction variance for each
frame, which can be seen as a global variance of the frame,
1s then estimated:

Var_block_energy=Variance{Var_band_energy[k], for
all k of specific range}.
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The frequency direction variance of the time direction
variance can be computed based on the following equation:

K
2
VQFBIGCkEHErgy Z VﬂrBﬂndEﬂEng meaﬂVﬂFBﬂMEﬂfrgy )
k=0

—1

with

K
1
MEANYarBand g, ygy = EZ VarBandgnergy K|,
k=0

In some embodiments, a smoothed time/frequency vari-
ance Var_block_smoothed_energy from previous time block
to current time block 1s optionally estimated:

Var_block_smoothed_energy=Var block_smoothed_energy®*c+Var
block energy*(1-c),

where ¢ 1s a constant parameter usually set to the value ¢l
between 0.8 and 0.99. Alternatively, ¢ can be set outside of
this range. For the first block of audio signal, or for the first
frame of the mput audio signal, Var_block_smoothed_en-
ergy 1s 1nitialized with an initial Var_block_energy value.
In an embodiment, the smoothing constant 1s adapted to
the level of the total varniance Var_block_smoothed_energy.
In some embodiments, hysteresis 1s used to make the total
variance more stable. Two thresholds THR1 and THR2,
which are used to avoid too quick changes in the
Var_block_smoothed_energy, are implemented as follows:

1if Var_block_smoothed_energy<7HR1, then c=c2,
with ¢2 between 0.99 and 0.999;

1f c==c1 and Var_block_smoothed_energy>7THR?2,
then c=cl.

Next, Var_block_smoothed_energy 1s used to detect the
noise like signal comparing the time/frequency variance to
a threshold THR3. When the Var_block_smoothed_energy
1s lower than THR3, the signal 1s considered as noise-like
signal and the following two options can be used to control
the post-processing that should be done at the decoder side.
In alternative embodiments, other threshold schemes can be
used, for example, several thresholds THR4, THRS, etc., can
be used to quantily a similarity with a noise-like signal,
where each interval between two of these thresholds corre-
spond to a certain set of transmitted control data.

In an embodiment, decoder 330 1n FIG. 356 has low-band
decoder 332 that produces decoded low band signal 333
from low-band bitstream 350, and high-band side parameter
decoder 338 that produces high band side parameters 339
from high-band side bitstream 352. Time-Irequency analysis
filter bank 334 produces low-band filter bank coeflicients
335, which 1s a frequency domain representation of low-
frequency content of the output audio signal. In an embodi-
ment, time-irequency analysis filter bank 334 i1s 1mple-
mented by a QMF. SBR high-band filter bank coeflicient
generator 340 produces high-band filter bank coeflicients
341, which are a frequency domain representation of the
high frequency content of the output audio signal. In an
embodiment, SBR high-band filter bank coellicient genera-
tor 340 1s also implemented 1n the QMF domain by the
replication of low-band filter bank coethicients 335, and an
adjustment of high frequency envelope 339 received as a
side parameter to form the high-band filter bank coeflicients.
Alternatively, SBR high-band filter bank coeflicient genera-
tor 340 can also be implemented by other structures such as
a noise and/or sinusoid generator 1n the QMF domain.

In an embodiment, low-band post-processor 336 applies
post-processing to low-band filter bank coethlicients 333 to
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produce post-processed low-band filter bank coeflicients
337, and high-band post-processor 342 applies post-process-
ing to high-band filter bank coeflicients 341 to produce
post-processed high-band filter bank coeflicients 343. In an
embodiment, the strength of the post-processing 1s con-
trolled by post-tlag and control data 318. Output audio signal
354 1s then constructed based on high and low band post-
processed filter bank coefhicients 343 and 337 using time-
frequency synthesis filter bank 344. In some embodiments,
time-irequency synthesis filter bank 344 i1s implemented
using a synthesis QMF.

In an embodiment, the same algorithm 1s used for low-
band post-processor 336 and high-band post-processor 342,
but different parameter controls are used. Weak post-pro-
cessing 1s applied to the low band that corresponds to a core
decoder and stronger post-processing to the high band
because the signal generated by the spectral bandwidth
resolution (SBR) tool can comprise some noise. In an
embodiment, the energy distributions are approximated 1n
the complex QMF domain for each super-frame for both
time and frequency direction at the encoder side. The time
direction energy distribution 1s estimated by averaging fre-
quency direction energies:

1" energy[i]=Average{ TF_energy[i]/k], for all k of
specific range},

where 1 1s a time slot index and k 1s a subband frequency
index. The frequency direction energy distribution 1s esti-
mated by averaging time direction energies:

F_energy[k]=Average{ TF_energy[i//k], for all i of
specific range }

Then, the time direction energy modification gains are
calculated:

Gﬂiﬂ_f [ I']: (T_Eﬁ ner gy [I ] ) t_conrol ?

where t_control 1s control parameter. Similarly, the fre-
quency direction energy modification gains are calculated
using the following equation:

Gﬂi]fl_f/k ] = ( F ene gy [k] )f_-:‘:an trol ?

where 1_control 1s control parameter. The final energy
modification gain for each T/F point in the QMF time/
frequency plan 1s then computed as:

Gain_tffi]/k|=Gain_ztfi]-Gain_f[k].

In some embodiments, the gain to be applied 1n the above
post-processing 1s highly dependent on the signal type. For
some signals with slow vanation of the energy in the
time/frequency plane 1n both time and frequency direction,
a smoother post-processing or even no post-processing 1s
applied 1n some embodiments. Therefore, the signal type 1s
first detected at the encoder and post processing control
parameter 1s transmitted as side information. In some
embodiments, the encoder calculates the gains and passes
the gains to the decoder. In further embodiments, encoder
passes t_control and 1 control to the decoder and the
decoder calculates the gains.

In the embodiments described 1n FIGS. 3a and 35, algo-
rithms are based on a Filter Bank Analysis and Time/
Frequency post-processing tool. It should be appreciated,
however, that 1n alternative embodiments, a different detec-
tion algorithm may be designed for different CODECs and
different post-processing methods may be used, for example
harmonic signal detection can be performed at the encoder
to detect whether the input signal 1s highly harmonic or tonal
and have been correctly coded by the low band encoder. The
controlled post-processing or post-filtering performed at the
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decoder side can be a harmonic post processing for pitch
enhancement to remove unwanted noise between the har-
monics ol the audio signal. Such a post-filter 1s described by
Juin-Hwey Chen; Gersho, A.; “Adaptive postiiltering for
quality enhancement of eeded speech”. IEEE Transactions
on Speech and Audio Processing. Volume: 3 Issue: 1 Pub-
lication Date: January 1993, Page(s): 59-71. Digital Object
Identifier: 10.1109/89.365380 or to ISO/IEC JTC1/SC29/
WG11 N11213 “WD6 of USAC,” which 1s incorporated
herein by reference.

FIGS. 4a-4e illustrate block diagrams of an embodiment
encoder 400 and decoder 450 using an adaptive Time/
Frequency domain post-processing scheme. In one embodi-
ment, encoder 400 and decoder 450 are implemented using,

a MPEG-4 coding scheme. In some embodiments, encoder
400 and decoder 450 are used 1n an ISO MPEG-D Unified
Speech and Audio Coding (USAC) application.

FIG. 4a illustrates an embodiment encoder. Analysis
QMF bank 402 creates coeflicients 428 from input audio
signal 418 for use by SBR encoder 408 and noise-like
detector 406. Downsampler 404 decimates audio signal 418
from a sampling rate of Fs to a sampling rate of Fs/2 to form
decimated audio signal 430. Core encoder 414 produces an
encoded version 424 of the low-band audio signal using one
ol a variety of encoding schemes including ACELP, trans-
form coding, and TCX coding. Alternatively, greater or
fewer coding schemes can be used. In some embodiments,
the choice of coding scheme 1s dynamically selected accord-
ing to the characteristics of input audio signal 418. Noise
detector 406 determines whether audio signal 418 1s noise-
like according to methods described above, and provides
detection tlag and post-post-processing control parameters
420.

SBR encoder 408 has envelope data calculator 410 that
computes spectral envelope 422 of the high band portion of
the encoded audio signal. SBR-related modules 412 parti-
tion bandwidth between the high-band portion and the
low-band portion of the audio spectrum, directs core
encoder 414 with respect to which frequency range to
encode, and directs envelope data calculator 410 with
respect to which portions of the audio frequency range to
calculate the spectral envelope. Bitstream payload formatter
419 multiplexes and formats detection flag and post-pro-
cessing control parameters 420, high-band spectral envelope
422, and low band encoded data 424 to form coded audio
stream 426.

FI1G. 4b 1llustrates a block diagram of analysis QMF bank
402 and its imterconnections to SBR encoder 408 and
noise-like detector. Analysis QMF has a plurality of chan-
nels having a digital filter 436 and a decimator 430. In one
embodiment, analysis Filter Bank 402 has 64 channels.
Alternatively, greater or fewer channels can be used. Out-
puts of each channel are routed to SBR encoder 408 and
noise-like detector 406.

FIG. 4¢ illustrates an embodiment decoder. Bitstream
payload demultiplexer 454 demultiplexes coded audio
stream 452 1nto low-band parameters 424, high-band param-
cters 422 (spectral envelope) and detection flag and post-
processing control information 470. Low-band parameters
424 are converted into time domain signal 457 by core
decoder 456. In an embodiment, core decoder 456 switches
between decoding functions for various coding algorithms
such as ACELP, transform coding and TCX based on how
coded audio stream 452 was encoded. In further embodi-
ments, other decoding algorithms can be used. In one
embodiment, low-band time domain signal 457 1s updated at
Fs/2. Alternatively, other update rates can be used. Analysis
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QMF 458 band creates low-band coetlicients 459. In one
embodiment, analysis QMF 458 has 32 channels, which are
half the number of channels 1n the analysis QMF bank 402
in the encoder of FIG. 4a. In alternative embodiments, other
numbers of channels can be used.

Spectral envelope parameters 422 are decoded by SBR
parameter decoder 460 to produce high-band side param-
cters 461 for use by HF Generator 462. HF Generator 462
calculates high-band parameters 463 based on high-band
side-parameters 461 and based on low-band parameters 459
from analysis QMF 458. Post-processor 464 compensates
low-band parameters 459 and high-band parameters 463 for
bandwidth extension artifacts created during the coding and
decoding process. The amount of post-processing applied to
low-band and high-band parameters 4359 and 463 1s deter-
mined based on detection flag and post-processing control
information 470. For example, 1n one embodiment, 11 detec-
tion flag and post-processing control information 470 indi-
cates that the audio signal is noise-like, the post-processor 1s
disabled and/or internally bypassed, and post-processing
block 464 passes parameters 465 and 467 to synthesis QMF
bank 466, which generates audio signal 468. Alternatively,
post-processor 464 adjusts the strength of the post process-
ing according to detection flag and post-processing control
information 470. For example, the more noise-like the signal
1s, the weaker the post-processing post-processor applies to
parameters 459 and 463. In an embodiment, synthesis QMF
band 466 has 64 bands. Alternatively, a greater or lower
number of bands can be used.

FIG. 4d illustrates a more detailed diagram of analysis
QMF band 458, synthesis QMF band 466, and their con-
nections to HF generator 462. Each of the 32 channels in
analysis QMF bank 458 has a digital filter 472, and a
decimator 474, that decimates the audio signal by a factor of
M (32 1n this case), where M corresponds to the decoded
bandwidth from the core decoder. Each output channel 1s
coupled to HF generator 462, and the low band parameters
of QMF analysis bank 4358 are coupled to post processor
464. Synthesis QMF bank has 64 channels, where each
channel has upsampler 476 and digital filter 478. The output
of all channels of synthesis QMF bank 466 are summed by
summer 480 to produce decoded audio signal 468.

The embodiment of FIG. 4¢ 1s similar to the embodiment
of FIG. 4d, except that the post-processing 464 1s applied on
the time domain signal obtained from synthesis filter bank
466. In an embodiment, post-processing 464 can be a
filtering operation or a simple gain which 1s applied on the
time domain signal, where the filtering operation 1s con-
trolled by the received tlag 470. It should be noted that this
time domain post processing could also be applied to the
time domain of the decoded audio signal from the core
decoder prior to analysis filter bank 458.

FIG. 5 illustrates computer system 500 adapted to use
embodiments of the present invention, e.g., storing and/or
executing software associated with the embodiments. Cen-
tral processing unit (CPU) 501 1s coupled to system bus 502.
CPU 501 may be any general purpose CPU. However,
embodiments of the present invention are not restricted by
the architecture of CPU 501 as long as CPU 501 supports the
inventive operations as described herein. Bus 502 1s coupled
to random access memory (RAM) 3503, which may be
SRAM, DRAM, or SDRAM. ROM 504 1s also coupled to
bus 502, which may be PROM, EPROM, or EEPROM.
RAM 503 and ROM 504 hold user and system data and
programs as 1s well known 1n the art.

Bus 502 1s also coupled to input/output (I/0) adapter 505,
communications adapter 511, user interface 508, and display
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adaptor 509. The I/O adapter 505 connects storage devices
506, such as one or more of a hard drive, a CD drive, a
floppy disk drive, a tape drive, to computer system 3500. The
I/O adapter 505 1s also connected to a printer (not shown),

which would allow the system to print paper copies of 3

information such as documents, photographs, articles, and
the like. Note that the printer may be a printer, e.g., dot
matrix, laser, and the like, a fax machine, scanner, or a copier
machine. User intertace adaptor 1s coupled to keyboard 513
and mouse 507, as well as other devices. Display adapter,
which can be a display card in some embodiments, i1s
connected to display device 510. Display device 510 can be
a CRT, flat panel display, or other type of display device.
Communications adapter 511 1s configured to couple system
500 to network 512. In one embodiment communications
adapter 511 1s a network mterface controller (NIC).

FIG. 6 1llustrates communication system 10 according to
an embodiment of the present mvention. Communication
system 10 has audio access devices 6 and 8 coupled to
network 36 via communication links 38 and 40. In one
embodiment, audio access device 6 and 8 are voice over
internet protocol (VOIP) devices and network 36 1s a wide
area network (WAN), public switched telephone network
(PSTN) and/or the internet. In another embodiment, audio
access device 6 1s a recerving audio device and audio access
device 8 1s a transmitting audio device that transmits broad-
cast quality, high fidelity audio data, streaming audio data,
and/or audio that accompanies video programming. Com-
munication links 38 and 40 are wireline and/or wireless
broadband connections. In an alternative embodiment, audio
access devices 6 and 8 are cellular or mobile telephones,
links 38 and 40 are wireless mobile telephone channels and
network 36 represents a mobile telephone network.

Audio access device 6 uses microphone 12 to convert
sound, such as music or a person’s voice into analog audio
input signal 28. Microphone interface 16 converts analog
audio mput signal 28 nto digital audio signal 32 for mput
into encoder 22 of CODEC 20. Encoder 22 produces
encoded audio signal TX for transmission to network 36 via
network 1interface 26 according to embodiments of the
present invention. Decoder 24 within CODEC 20 receives
encoded audio signal RX from network 36 via network
interface 36, and converts encoded audio signal RX nto
digital audio signal 34. Speaker interface 18 converts digital
audio signal 34 into audio signal 30 suitable for driving
loudspeaker 14.

In embodiments of the present invention, where audio
access device 6 1s a VOIP device, some or all of the
components within audio access device 6 can be imple-
mented within a handset. In some embodiments, however,
microphone 12 and loudspeaker 14 are separate units, and
microphone interface 16, speaker interface 18, CODEC 20
and network interface 26 are implemented within a personal
computer. CODEC 20 can be implemented in either sofit-
ware running on a computer or a dedicated processor, or by
dedicated hardware, for example, on an application specific
integrated circuit (ASIC). Microphone interface 16 1s imple-
mented by an analog-to-digital (A/D) converter, as well as
other interface circuitry located within the handset and/or
within the computer. Likewise, speaker interface 18 1s
implemented by a digital-to-analog converter and other
interface circuitry located within the handset and/or within
the computer. In further embodiments, audio access device
6 can be implemented and partitioned 1n other ways known
in the art.

In embodiments of the present mmvention where audio
access device 6 1s a cellular or mobile telephone, the
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clements within audio access device 6 are implemented
within a cellular handset. CODEC 20 1s implemented by
soltware running on a processor within the handset or by
dedicated hardware. In further embodiments of the present
invention, audio access device may be implemented in other
devices such as peer-to-peer wireline and wireless digital
communication systems, such as intercoms, and radio hand-
sets. In applications such as consumer audio devices, audio
access device may contain a CODEC with only encoder 22
or decoder 24, for example, 1n a digital microphone system
or music playback device. In other embodiments of the
present invention, CODEC 20 can be used without micro-
phone 12 and speaker 14, for example, in cellular base
stations that access the PSTN.

Advantages of some embodiments include an ability to
implement post-processing at the decoder side without
encountering audio artifacts for noise-like signals.

Advantages of embodiments include improvement of
subjective received sound quality at low bit rates with low
COst.

Although the embodiments and their advantages have
been described in detail, 1t should be understood that various
changes, substitutions and alterations can be made herein
without departing from the spirit and scope of the invention
as defined by the appended claims. Moreover, the scope of
the present application 1s not intended to be limited to the
particular embodiments of the process, machine, manufac-
ture, composition ol matter, means, methods and steps
described in the specification. As one of ordinary skill in the
art will readily appreciate from the disclosure of the present
invention, processes, machines, manufacture, compositions
of matter, means, methods, or steps, presently existing or
later to be developed, that perform substantially the same
function or achieve substantially the same result as the
corresponding embodiments described herein may be uti-
lized according to the present mvention. Accordingly, the
appended claims are mtended to include within their scope
such processes, machines, manufacture, compositions of
matter, means, methods, or steps.

What 1s claimed 1s:

1. A method for generating an encoded audio signal, the
method comprising:

recetving a frame comprising a time-irequency (1/F)

representation of an input audio signal, the T/F repre-
sentation having time slots, each time slot having
subbands;

estimating energy in subbands of the time slots;

estimating a time variance across a first plurality of time

slots for each of a second plurality of subbands;
estimating a frequency variance of the time variance
across the second plurality of subbands;

determining a class of audio signal by comparing the

frequency variance with a threshold; and

transmitting the encoded audio signal, the encoded audio

signal comprising a coded representation of the input
audio signal and a control code based on the class of
audio signal, wherein the encoded audio signal turther
comprises a representation of high-band coeflicients
and low-band coeflicients, and wherein the control
code indicates whether modification of the low-band
coeltlicients and high-band coeflicients 1n the time-
frequency domain to correct for audio coding artifacts
in post-processing should be performed.

2. The method of claim 1, further comprising producing,
the coded representation of the input audio signal, producing
the coded representation of the mput audio signal compris-
ng:
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producing a low-band signal from the mput audio signal;

producing low-band parameters from the low band signal;

producing the T/F representation of the imput audio signal
from the input audio signal; and

producing high-band parameters from the T/F represen-

tation of the mput audio signal, wherein the coded
representation of the input audio signal includes the
low-band parameters and the high-band parameters.

3. The method of claim 1, wherein determining the class
of audio signal comprises determining that the audio signal
1s a noise-like signal 11 the variance i1s on a first side of the
threshold.

4. The method of claim 3, wherein the control code
comprises at least one bit indicating whether or not the audio
signal 1s a noise-like signal.

5. The method of claim 1, wherein comparing the fre-
quency variance with a threshold comprises comparing the
frequency variance with a plurality of thresholds to deter-
mine the class of audio signal.

6. The method of claim 5, wherein the control code
COmprises:

a tlag indicating whether or not the class of audio signal

has changed from a last frame; and

a parameter indicating the class of audio signal 1t the flag

indicates that the class of audio signal has changed
from the last frame.

7. The method of claim 1, further comprising varying the
threshold with hysteresis.

8. The method of claim 1, further comprising smoothing,
the frequency variance before determining the class of audio
signal.

9. The method of claim 8, wherein smoothing the fre-
quency variance comprises performing a moving average of
the frequency variance over a plurality of frames.

10. A system for generating an encoded audio signal, the
system comprising:

a detector configured to:

receive a frame comprising a time-ifrequency (1/F)
representation of an mput audio signal, the T/F
representation having time slots, wherein each time
slot comprises subbands,

estimate energy in subbands of the time slots,

estimate a time variance across a first plurality of time
slots for each of a second plurality of subbands,

estimate a frequency variance of the time variance
across the second plurality of subbands, and

determine a class of audio signal by comparing the
frequency variance with a threshold; and

a transmitter configured to transmit the encoded audio

signal, wherein the encoded audio signal comprises a
coded representation of the mput audio signal and a
control code based on the class of audio signal, wherein
the encoded audio signal further comprises a represen-
tation of high-band coeflicients and low-band coetli-
cients, and wherein the control code indicates whether
modification of the low-band coeflicients and high-
band coethlicients in the time-frequency domain to cor-
rect for audio coding artifacts in post-processing should
be performed.

11. The system of claim 10, further comprising an encoder
configured to:

produce a low-band signal from the mput audio signal;

produce low-band parameters from the low band signal;

produce the T/F representation of the input audio signal
from the mput audio signal;

produce high-band parameters from the T/F representa-

tion of the mput audio signal; and
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produce the coded representation of the mnput audio signal
including the low-band parameters and the high-band
parameters.

12. The system of claim 10, wherein the detector 1s further
configured to determine the class of audio signal by deter-
mining that the audio signal 1s a noise-like signal 11 the
variance 1s on a first side of the threshold.

13. The system of claim 12, wherein the control code
comprises at least one bit indicating whether or not the audio
signal 1s a noise-like signal.

14. The system of claim 10, wherein:

the threshold comprises a plurality of thresholds; and

the detector 1s configured to compare the frequency

variance to the plurality of thresholds to determine the
class of audio signal.

15. The system of claam 14, wherein the control code
COmMprises:

a flag indicating whether or not the class of audio signal

has changed from a last frame; and

a parameter indicating the class of audio signal if the flag

indicates that the class of audio signal has changed
from the last frame.

16. The system of claam 10, wheremn the detector i1s
configured to varying the threshold with hysteresis.

17. The system of claim 10, wherein the detector 1s further
configured to smooth the frequency variance before deter-
mining the class of audio signal.

18. The system of claim 10, wherein the detector 1s
configured to smooth the frequency variance by performing
a moving average of the frequency variance over a plurality
ol frames.

19. A non-transitory computer readable medium with an
executable program stored thereon, wherein the program
istructs a microprocessor to perform the following steps:

recerving a Iframe comprising a time-frequency (1/F)

representation of an mput audio signal, the T/F repre-
sentation having time slots, each time slot having
subbands;

estimating energy in subbands of the time slots;

estimating a time variance across a first plurality of time

slots for each of a second plurality of subbands;
estimating a frequency variance of the time variance
across the second plurality of subbands;

determiming a class of audio signal by comparing the

frequency variance with a threshold; and

transmitting an encoded audio signal, the encoded audio

signal comprising a coded representation of the input
audio signal and a control code based on the class of
audio signal, wherein the encoded audio signal com-
prises a representation ol high-band coeflicients and
low-band coeflicients, and wherein the control code
indicates whether modification of the low-band coet-
ficients and high-band coeflicients in the time-ire-
quency domain to correct for audio coding artifacts in
post-processing should be performed.

20. The non-transitory computer readable medium of
claim 19, wherein the program further instructs the micro-
processor to produce the coded representation of the input
audio signal by performing the following steps:

producing a low-band signal from the 1mput audio signal;

producing low-band parameters from the low band signal;

producing the T/F representation of the mput audio signal
from the mput audio signal; and

producing high-band parameters from the T/F represen-

tation of the mmput audio signal, wherein the coded
representation of the mput audio signal includes the
low-band parameters and the high-band parameters.
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21. The non-transitory computer readable medium of a parameter indicating the class of audio signal 11 the tlag
claim 19, wherein the step of determining the class of audio indicates that the class of audio signal has changed
signal comprises determiming that the audio signal 1s a from the last frame.
noise-like signal if the variance 1s on a first side of the . .
threshold . 25. The non-transitory computer readable medium of

claim 19, wherein the program further instructs the micro-

22. The non-transitory computer readable medium of _ _
processor to perform the step of varying the threshold with

claim 21, wherein the control code comprises at least one bit

indicating whether or not the audio signal i1s a noise-like hysteresis.

signal. | | 26. The non-transitory computer readable medium of
23. The non-transitory computer readable medium of = claim 19, wherein the program further instructs the micro-

claim 19, wherein comparing the frequency variance with a processor to perform the step of smoothing the frequency

threshold comprises comparing the frequency variance with variance before determining the class of audio signal.

a plurality of thresholds to determine the class of audio . .

signal 27. The non-transitory computer readable medium of

claiam 26, wherein the smoothing the frequency varnance
15 comprises performing a moving average of the frequency
variance over a plurality of frames.

24. The non-transitory computer readable medium of

claim 23, wherein the control code comprises:
a tlag indicating whether or not the class of audio signal
has changed from a last frame; and N T
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